EuropSIsches P^^amt 

0JMM European Patent Office ® Publication number: 0 240 286 

0ff lce europeen des brevets A2 



EUROPEAN PATENT APPLICATION 



© Application number: 87302735.3 (g) Int. CI. 4 : H 03 G 5/16 

^ G 11 B 5/035 

@ Date of filing : 30.03.87 



@ Priority: 01.04.86 JP 74778/86 
11.08.86 JP 188143/86 

17.10.86 JP 247808/86 

19.02.87 JP 36105/87 
26.12.86 JP 312190/86 

@ Date of publication of application : 
07.10.87 Bulletin B7/41 

@ Designated Contracting States: DC FR GB 

© Applicant: Matsushita Electric Industrial Co., Ltd. 
1006, Oaza Kadoma 
Kadoma-shi Osaka-fu, 571 (JP) 

@ Inventor: Watanabe, Kofi 

Kourigaoka Qaaden Haitsu 504 §12-4 
Kourlgaoka 9-chome Hlrakata-shi Osaka (JP) 

Hayashl, Katsuhlko Mingle AP Akane Ichibankan 2B 
3-32, Kikawa Nishi4-chome 
Yodogawa-ku Osaka-shi Osaka (JP) 



Minakuchi, Nobuaki 

35-1110, 5-ban Kasuga 1-chome 

Sulta-shi Osaka (JP) 

Misaki, Masayuki 

76, Nishlnokyo Shokushl-cho Nakagyo-ku 
Kyoto (JP) 

Terai, Kenichi 

3-1306, 1-ban, Shiglno Nlshi 2-chome Joto-ku 
Osaka-shi Osaka (JP) 

Nakama, Yasutoshi 
1658-499, KitaTahara-cho 
Ikoma-shl Nara-ken (JP) 

© Representative: Senior, Alan Murray et al 
J.A. KEMP & C0 14 South Square Gray's Inn 
London WC1R5EU (GB) 



@ Low-pitched sound creator. 

@ An analog sound signal is outputted. Low-frequency 
components are selected from the outputted analog sound 
signal so that a low-pitched sound signal is derived from the 
analog sound signal. A key of the low-pitched sound signal is 
lowered so that a very-low-pltched sound signal is derived from 
the low-pitched sound signal. The analog sound signal and the 
very-low-pitched sound signal may be converted into corre- 
sponding sounds respectively. 
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LOW-PITCHED SOUND CREATOR 



BACKGROUND OF THE INVENTION 

This invention relates to a low-pitched sound 
creator which can Improve an aurai sensation in 
low-pitched sound reproduced by an audio system, 
an audio-visual system, or the like. This invention 
also relates to a method of creating a low-pitched 
sound. 

Some sound reproducing devices have a head 
deriving and reproducing a sound signal from sound 
data stored in a magnetic memory such as a 
magnetic tape. Reproducing heads have character- 
istics causing low-pitched sound cut-off frequen- 
cies. Specifically, these heads fail to acceptably, 
reproduce original sound signals in frequency 
ranges below such cut-off frequencies. 

Advanced sound reproducing systems have an 
additional function of compensating for poor low- 
pitched sound reproducing characteristics of heads. 

SUMMARY OF THE INVENTION 

It is an object of this invention to provide a 
low-pitched sound creator or a sound signal pro- 
cessing device which can improve an aural sensa- 
tion in low-pitched sound reproduced by an audio 
system, an audio-visual system, or the like. 

It Is another object of this invention to provide a 
method which allows an excellent aural sensation in 
low-pitched sound. 

In a low-pitched sound creator according to afirst 
aspect of this invention, an analog sound signal is 
outputted. Low-frequency components are selected 
from the outputted analog sound signal so that a 
low-pitched sound signal is derived from the analog 
sound signal. A key of the low-pitched sound signal 
is lowered so that a very-low-pitched sound signal is 
derived from the low-pitched sound signal. The 
analog sound signal and the very-low-pitched sound 
signal may be converted into corresponding sounds 
respectively. 

In a low-pitched sound creator according to a 
second aspect of this invention, two channel sound 
signals are outputted. A subtraction between the 
two channel signals is derived and thereby a 
subtraction signal indicative thereof is generated. 
The two channel signals are added to form a mixed 
signal. A first low-pass filter selects low-frequency 
components from the subtraction signal and thereby 
generates a first low-pitched sound signal repre- 
senting the selected low-frequency components of 
the subtraction signal. A second low-pass filter 
selects low-frequency components from the mixed 
signal and thereby generates a second low-pitched 
sound signal representing the selected low-fre- 
quency components of the mixed signal. A key of the 
first low-pitched sound signal is lowered so that a 
very-low-pitched sound signal is derived from the 
first low-pitched sound signal. An envelope of the 
second low-pitched sound signal is detected. The 
very-low-pitched sound signal is selectively passed 
and cut off In accordance with the detected 



envelope. 

In a low-pitched sound creator according to a 

5 third aspect of this invention, an analog sound signal 
is outputted. First and second low-pass filters 
having different cut-off frequencies derive first and 
second low-pitched sound signals from the analog 
sound signal respectively. Arbitrary one of the first 

10 and second low-pitched sound signals is selected. A 
key of the selected low-pitched sound signal is 
halved so that a key-hafved signal is derived from the 
selected low-pitched sound signal. 

In a low-pitched sound creator according to a 

15 fourth aspect of this invention, two channel sound 
signals are outputted. A subtraction between the 
two channel signals is derived and thereby a 
subtraction signal indicative thereof is generated. 
The two channel signals are added to form a mixed 

20 signal. A device detects whether or not the two 
channel signals contain voice components. Arbitrary 
one of the subtraction signal and the mixed signal is 
selected in accordance with whether or not the two 
channel signals contain voice components, and a 

25 selected signal representing the selected one of the 
subtraction signal and the mixed signal is generated. 
A low-pass filter selects low-frequency components 
from the selected signal and thereby generates a 
low-pitched sound signal representing the selected 

30 low-frequency components. A key of the low- 
pitched sound signal is halved so that a very-low- 
pitched sound signal is derived from the low-pitched 
sound signal. 

In a method of creating a low-pitched sound 

35 according to a fifth aspect of this invention, 
low-frequency components are selected from a 
sound signal. A key of the selected low-frequency 
components is lowered. The key-lowered compo- 
nents are converted into a corresponding sound. 

40 

BRIEF DESCRIPTION OF THE DRAWINGS 

Fig. I is a block diagram of a conventional 
audio system. 

Fig. 2 is a graph showing frequency charac- 
45 teristlcs of the reproducing device of Fig. I. 

Fig. 3 is a block diagram of another conven- 
tional audio system. 

Fig. 4 is a block diagram of an audio system 
including a low-pitched sound creator accord- 
50 ing to a first embodiment of this invention. 

Fig. 5 is a graph showing frequency charac- 
teristics of the reproducing device and the 
audio system of Fig. 4. 

Fig. 6 is a block diagram of an internal 
55 structure of the key converter of Fig. 4. 

Fig. 7 is a diagram of an essential portion of 
the internal structure of the key converter of 
Figs. 4 and 6. 

Fig. 8 is a block diagram of an audio system 
60 including a low-pitched sound creator accord- 

ing to a second embodiment of this invention. 

Fig. 9 is a block diagram of an audio system 
including a low-pitched sound creator accord- 
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ing to a third embodiment of this invention. 

Fig. 10 is a block diagram of an audio system 
including a low-pitched sound creator accord- 
ing to afourth embodiment of this Invention. 

Fig. II is a block diagram of an audio system 
including a low-pitched sound creator accord- 
ing to afifth embodiment of this invention. 

Fig. 12 is a block diagram of an audio system 
including a low-pitched sound creator accord- 
ing to a sixth embodiment of this invention. 

Fig. i3 is a block diagram of an internal 
structure of the level determination circuit of 
Fig. 12. 

Fig. 14 is a block diagram of an audio system 
Including a low-pitched sound creator accord- 
ing to a seventh embodiment of this invention. 

Fig. 15 is a block diagram of an audio system 
Including a low-pitched sound creator accord- 
ing to an eighth embodiment of this invention. 

Fig. 16 is a block diagram of an audio system 
including a low-pitched sound creator accord- 
ing to a ninth embodiment of this invention. 

Fig. 17 is a block diagram of an audio system 
including a low-pitched sound creator accord- 
ing to a tenth embodiment of this invention. 

Fig, 18 is a block diagram of an audio system 
including a low-pitched sound creator accord- 
ing to an eleventh embodiment of this invention. 

Fig. 19 is a block diagram of an internal 
structure of the detector of Fig. 18. 
Like and corresponding elements are usually 
denoted by the same reference characters 
throughout the drawings. 

DESCRIPTION OF THE PREFERRED 
EMBODIMENTS 

Before embodiments of this invention will be 
explained, conventionaf audio systems will be de- 
scribed briefly for a better understanding of this 
invention. 

Fig. I shows a conventional audio system having a 
reproducing device 81 such as a tape deck or a radio 
receiver. An output signal S! from the reproducing 
device 81 is magnified by an amplifier 82 and is then 
converted by a loudspeaker 83 into a corresponding 
sound M. 

The tape deck 81 has a head deriving and 
reproducing a sound signal SI from sound data 
stored in a magnetic tape or the like. Fig. 2 shows 
frequency characteristics of the tape deck 81 which 
depend mainly on frequency characteristics of the 
reproducing head. In Fig. 2, the voltage level of the 
sound signal SI varies as a function of the frequency 
of the sound signal SI along the line LI. At 
frequencies above a low-pitched sound cut-off 
frequency fl, the tape deck 81 has essentially flat 
frequency characteristics. As the frequency de- 
creases from the cut-off value fl, the level of the 
sound signal SI drops. The hatched area AI denotes 
an unproduced range having frequencies below the 
cut-off frequency fl. 

As is understood from Fig. 2, the conventional 
audio system of Fig. I can not acceptably reproduce 
sounds having frequencies lower than the cut-off 
frequency fl. 
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Fig. 3 shows another conventional audio system 
also having a reproducing device 81, An output signal 

51 from the reproducing device 81 is applied via a 
branching device 88 to an amplifier 82 and a 

5 low-pass filter (LPF) 84. After the sound signal SI is 
amplified by the device 82, it is converted into a 
corresponding sound by a loudspeaker 83. The 
low-pass filter 84 derives a low-pitched sound signal 

52 from the sound signal SI. For example, the 
10 low-pitched sound signal S2 have frequencies equal 

to or below I50 Hz. After the low-pitched sound 
signal S2 Is magnified by an amplifier 86, it is 
converted into a corresponding sound by a loud- 
speaker 87. 

75 The conventional audio system of Fig. 3 can 
compensate for poor low-pitched sound reproduc- 
ing characteristics of the reproducing device 81 to 
some extents. If an original sound signal fails to have 
low-frequency components, sounds reproduced by 

20 the audio system of Fig. 3 will not have correspond- 
ing low-pitched components. 

Fig. 4 shows an audio system including a 
low-pitched sound creator according to a first 
embodiment of this invention. As shown in Fig. 4, the 

25 audio system has a reproducing device I such as a 
tape deck or a radio receiver. An output terminal of 
the reproducing device I is connected to an input 
terminal of a branching device 2D. A first output 
terminai of the branching device 2D is connected to 

30 a first input terminal of an adder 8. A second output 
terminal of the branching device 2D is connected to 
an input terminal of a low-pass filter (LPF) 4. An 
output signal SI from the reproducing device I is 
applied via the branching device 2D to the first input 

35 terminal of the adder 8 and to the input terminal of 
the low-pass filter 4. 

The low-pass filter 4 selects low-frequency com- 
ponents from the sound signal SI and thereby 
derives a low-pitched sound signal S2 from the 

40 signal SI. A cut-off frequency of the low-pass filter 4 
is preferably around 150 Hz. An output terminai of the 
low-pass filter 4 is connected to an input terminal of 
a key or pitch converter 5 so that the output signal 
S2 from the low-pass filter 4 is applied to the key 

45 converter 5. The key converter 5 serves as a 
frequency lowering converter. Thus, the key conver- 
ter 5 lowers the frequencies or pitches of the signal 
S2 outputted by the low-pass filter 4. Preferably, this 
device 5 converts the low-pitched sound signal S2 

50 into a second low-pitched sound signal S3 having 
frequenies half the respective frequencies of the 
corresponding sound signal S2. In other words, the 
low-frequency components of the sound signal SI 
selected by the low-pass filter 4 are lowered in 

55 frequency by a value corresponding to an octave, in 
this way, a very-low-pitched sound signal S3 is 
derived from the low-pitched sound signal S2. 

It should be noted that the key converter 5 may 
decrease the frequencies of the low-pitched sound 

60 signal S2 by other factors. For example, the 
frequencies of the very-low-pitched sound signal S3 
may be one-third or one-fourth of the respective 
frequencies of the low-pitched sound signal S2. 
An output terminal of the key converter 5 is 

65 connected to a second input terminal of the adder 8 
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so that the very-low-pitched sound signal S3 is 
applied to the second input terminal of the adder 8. 
The sound signal SI and the very-low-pitched sound 
signal S3 are added by the device 8 to form a 
processed or modified sound signal S4. An output 
terminal of the adder 8 is connected to an input 
terminal of an amplifier 2 so that the modified sound 
signal S4 is applied to the amplifier 2. An output 
terminal of the amplifier 2 is connected to a 
loudspeaker 3. After the modified sound signal S4 is 
amplified by the device 2 t it is converted into a 
corresponding sound by the loudspeaker 3. 

Fig. 5 shows frequency characteristics of the 
reproducing device I and frequency characteristics 
of the audio system of Fig. 4. In Fig. 5, the broken line 
Nl denotes low frequency characteristics of the 
reproducing device 1. while the solid line N2 denotes 
low frequency characteristics of the audio system of 
Fig. 4. The hatched area 12 between the lines Nl and 
N2 denotes an added low-frequency reproduced 
range created by the sound signal processing 
through the key converter 5. A low cut-off frequency 
f2 in the frequency characteristics of the audio 
system of Fig. 4 is lower than a low cut-off frequency 
fl in the frequency characteristics of the reproducing 
device I by a value corresponding to an octave. The 
added low-frequency reproduced range 12 improves 
an aural sensation in respect of low-pitched sounds. 
Furthermore, even In cases where sound signals 
lack very-low-frequency components, e.g., even in 
the case of an AM radio broadcasting sound signal 
or a movie sound signal, the sound signal process- 
ing through the key converter 5 creates very-low-fre- 
quency components from a base sound signal and 
adds them to the base sound signal to form a 
modified sound signal rich in low-frequency compo- 
nents, so that an excellent aural sensation is allowed 
In respect of low-pitched sounds. 

Fig. 6 Is a block diagram of an Internal structure of 
the key converter 5. As shown in Fig. S, the key 
converter 5 has an input terminal 101 subjected to a 
low-pitch sound signal S2 outputted by the low-pass 
filter 4 (see Fig. 4). An . analog-to-digital (A/D) 
converter 102 derives a one-bit digital signal DO from 
the input analog signal S2 through adaptive delta 
modulation. This adaptive delta modulation uses a 
syllable compander which depends on whether or 
not four successive one-bit digital signals are in the 
same state. A dynamic random-access memory 104 
holds the digital signal DO. A first digital-to-analog 
(D/A) converter 105 derives an analog signal S6 from 
a one-bit digital signal DI outputted by the memory 
104. A second digital-to-analog (D/A) converter (18 
derives an analog signal S7 from a one-bit digital 
signal DI outputted by the memory 104. An adder 116 
derives a very-low-pitched sound signal S3 from the 
analog signals S6 and S7 outputted by the D/A 
converters 105 and 118. Specifically, the analog 
signals S6 and S7from the D/A converters [05 and 118 
are added by the device 116 to form a very-low- 
pitched sound signal S3. The very-low-pitched 
sound signal S3 is transmitted to an output terminal 
106 of the key converter 5. 

A generator 108 outputs clock pulses D2 at a fixed 
frequency. A generator HO derives conversion clock 



pulses fO from the fixed-frequency clocks D2. The 
conversion clocks fO are applied to the A/D 
converter 102. The A/D converter 102 samples and 
converts the low-pitched sound signal S2 at timings 

5 determined by the conversion clocks fO. 

Operation of the digital memory 104 is controlled in 
accordance with various signals including a row 
address strobe (RAS) signal, a column address 
strobe (CAS) signal, a write enable (WE) signal, a 

10 write address signal, and a read address signal. 

A write address counter II2 derives a signal D4 
from the fixed-frequency clocks D2. This signal D4 
represents a write address. The write address signal 
D4 is applied to the memory I04. The current 

15 incoming digital signal DO is transmitted to and held 
by a segment of the memory 104 corresponding to 
the address represented by the write address signal 
D4. 

A generator 109 outputs clock pulses D7 at a 

20 variable frequency. A generator HI derives a memory 
control signal D3 from the fixed-frequency clocks D2 
and the variable-frequency clocks D7. The memory 
control signal D3 is applied to the memory 104. 
Specifically, the memory control signal D3 includes 

25 the RAS signal, the CAS signal, and the WE signal. 
A generator 113 derives write address counter load 
signals D5 and D9 from the fixed-frequency clocks 
D2. A first read address counter 114 derives a signal 
D6 from the write address signal D4, the read 

30 address counter load signal D5, and the variable-fre- 
quency clocks D7. This signal D6 represents a first 
read address. The first read address signal D6 is 
applied to the memory K)4. Data is read out from a 
segment of the memory 104 corresponding to the 

35 first read address represented by the signal D6. A 
second read address counter 120 derives a signal D8 
from the write address signal D4, the read address 
counter load signal D9, and the variable-frequency 
clocks D7. This signal D8 represents a second read 

40 address. The second read address signal D8 is 
applied to the memory 104. Data is read out from a 
segment of the memory 104 corresponding to the 
second read address represented by the signal D8. 
The first read address signal D6 and the second read 

45 address signal D8 are generally designed to occur 
alternately at regular intervals. 

A generator 115 derives conversion clock pulses fv 
from the variable-frequency clocks D2. The conver- 
sion clocks fv are applied to the D/A converters 105 

50 and 118. The D/A converters 105 and H8 sample and 
convert the memory output digital signal DI at 
timings determined by the conversion clocks fv. 

Data writing to the memory 104 is performed 
periodically at a frequency determined by the 

55 fixed-frequency clocks D2. Data reading from the 
memory 104 is" performed periodically at a frequency 
determined by the variable-frequency clocks Fv. The 
ratio between the pitches of the key-converter input 
and output signals S2 and S3 is generally propor- 

60 tional to the ratio between the frequencies of the 
data writing and reading. 

A counter 140 derives an amplitude operation 
signal from the variable-frequency clocks D7. The 
amplitude operation signal is applied to an operation 

65 device 141. The operation device 141 derives first and 




second multi-bit digital signals from the amplitude 
operation signal. The first multi-bit signal from the 
operation device 141 Is applied to a first data selector 
143. The second multi-bit signal from the operation 
device 141 is applied to a second data selector 149. 
The fixed-frequency clocks D2 are applied to the 
data selectors 143 and 149. The first data selector 143 
sequentially selects one bit data of the first multi-bit 
signal from the calculation device 141 in accordance 
with the fixed-frequency clocks D2. The second data 
selector 149 sequentially selects one bit data of the 
second multi-bit signal from the calculation device 141 
in accordance with the fixed-frequency clocks D2. 

The output signal from the first data selector 143 is 
applied to a first input terminal of an ANDgate 144. 
The first D/A converter 105 includes a circuit deriving 
or detecting a syllable compander digital signal. This 
compander signal generated in the first D/A conver- 
ter 105 is applied to a second input terminal of the 
AND gate 144. A signal outputted by the AND gate 144 
is applied to the first D/A converter 105. The first D/A 
converter IQ5 also includes a circuit adjustably 
controlling or limiting the amplitude of the output 
signal S6. The signal fed to the first D/A converter 105 
from the AND gate 144 adjusts the limiting circuit so 
that the amplitude of the signal S6 is controlled in 
accordance with the signal from the AND gate 144. 

The output signal from the second data selector 

149 is applied to a first input terminal of an AND gate 
150. The second D/A converter 118 includes a circuit 
deriving or detecting a syllable compander digital 
signal. This compander signal generated in the 
second D/A converter 118 is applied to a second input 
terminal of the AND gate 150. A signal outputted by 
the AND gate 150 is applied to the second D/A 
converter 118. The second D/A converter 118 also 
includes a circuit adjustably controlling or limiting 
the amplitude of the output signal S7. The signal fed 
to the second D/A converter 118 from the AND gate 

150 adjusts the limiting circuit so that the amplitude 
of the signal S7 is controlled in accordance with the 
signal from the AND gate 150. 

The amplitude controls of the signals S6 and S7 
are designed to remove or prevent noises caused by 
discontinuities in waveforms occurring during sound 
pitch changing process. In general, such noises 
occur at known regular timings. In view of this fact, 
the combination of the devices 140, 141, 143, 144, 149,' 
and 150 performs the amplitude controls of the 
signals S6 and S7 in time-dependent manner. 

The output signal S6 from the first D/A converter 
105 is periodically enabled and nullified. The output 
signal S7 from the second D/A converter 118 is 
periodically enabled and nullified. Approximately, the 
signal S6 is enabled but the signal S7 is nullified 
during a first period, and the signal S6 is nullified but 
the signal S7 is enabled during a subsequent second 
period. Near the boundary between, the first and 
second periods, the amplitudes of the signals S6 and 
S7 are controlled in a cross fade-in/fade-out man- 
ner. Specifically, near the boundary between the first 
and second periods, one of the signals S6 and S7 is 
gradually enabled while the other is gradually 
nullified. These controls of the signals S6 and S7 are 
realized through the amplitude controls by the 
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combination of the devices 140, 141, 143, 144 149 and 
150. 

Fig. 7 is a diagram of an essential portion of the 
key converter of Fig. 6. As shown in Fig. 7, an output 
5 signal Dl from the memory 104 (see Fig. 6) is applied 
to a data input terminal of a shift register 124 via a 
connection point 123. A latch clock signal fv derived 
from the variable-frequency clocks D7 is applied to a 
control terminal of the shift register 124 via a 

10 connection point 22. The shift register I24 has a set 
of four positive or non-inverting output terminals 
QI-Q4 generating four signals DI4-DI7 respectively 
and a set_of Jour negative or inverting output 
terminals QI-Q4 generating four signals DI8-D2I 

15 respectively. The output signals DI4-D2I shift with 
respect to the output terminals at timings deter- 
mined by the latch clock signal fv. 

The output signals DI4-D17 from the shift register 
I24 are applied to four input terminals of a NAND 

20 gate I25 respectively. The other output signals 
DI8-D2I from the shift register I24 are applied to four 
input terminals of a NAND gate I26 respectively. An 
output signal D22 from the NAND gate 125 Is applied 
to a first input terminal of a NAND gate I27. An output 

25 signal D23 from the NAND gate I26 is applied to a 
second input terminal of the NAND gate 127 An 
output signal D24 from the NAND gate 127 assumes 
a high or T level state only when all of the signals 
DI4-DI7 simultaneously assume the same state. 

30 Accordingly, only in the case where four or more 
successive signals Dl outputted from the memory 
104 (see Fig. 6) are in the same state, the output 
signal D24 from the NAND gate 127 assumes a high 
or "I" level state. In this way, a syllable compander 

35 signal D24 is derived which Is used to control 
adaptive operation. The adaptive control signal D24 
is applied to the second input terminal of the AND 
gate 144. 

The output signal D14 from the shift register 124 is 

40 . applied to a data input terminal of a custom IC (for 
example, "M5225L" made by Mitsubishi Electric 
Corporation) 128 forming a digital-to-analog conver- 
ter. The second pin of the IC 128 is grounded by a 
fixed resistor 129 and a capacitor 134. A constant 

45 voltage is applied to the junction between the 
resistor 129 and the capacitor 134 via a fixed resistor 
135. The collector of a transistor 131 is connected via a 
fixed resistor 130 to the junction between the resistor 
129 and the capacitor 134. The emitter of the 

50 transistor 131 is grounded. The base of the transistor 
131 Is grounded via a fixed resistor 133. An output 
signal D30 from the AND gate 144 is applied to the 
base of the transistor 131 via a fixed resistor 132. A 
parallel combination of a fixed resistor 136 and a 

55 capacitor 137 is connected between the sixth pin and 
the seventh pin of the IC 128. The seventh pin of the 
IC 128 outputs a signal S6 which is applied via a 
connection point 138 to the adder 116 (see Fig. 6). 
The D/A converter 105 (see Fig. 6) includes the 

60 shift register 124, the NAND gates 125-127, the IC 128, 
the transistor 131, the resistors 129, 130, 132, 133, I3s| 
and 136, and the capacitors 134 and 137. The output 
digital signal Dl from the memory 104 (see Fig. 6) is 
converted into a corresponding analog signal S6 

65 which is outputted via the connection point 138. 
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The variable-frequency clocks D7 are applied to 
the amplitude operation counter I40 via a connection 
point 139. The counter !40 derives an amplitude 
operation signal D26 from the variable-frequency 
clocks D7. The amplitude operation signal D26 is 
applied to the operation device I4L The operation 
device I4I derives a multi-bit digital signal D27 from 
the amplitude operation signal D26. The multi-bit 
signal D27 from the operation device I4I is applied to 
the first data selector I43. The fixed-frequency 
clocks D2 are applied to the first data selector I43 via 
a connection point I42. The device 143 sequentially 
selects one bit of the multi-bit digital signal D27 in 
accordance with the fixed-frequency clocks D2. The 
first data selector I43 outputs a signal D29 reflecting 
the selected data. The signal D29 is applied to the 
first input terminal of the AND gate I44. 

While the adaptive operation control signal D24 ■ 
remains in a high or T level state, the AND gate 144 
is opened so that a high or "1" level pulse signal D29 
from the first data selector 143 Is allowed to move to 
the base of the transistor 131 as an output signal D30 
from the AND gate 144. When the high level signal 
D30 is applied to the base of the transistor 131, the 
transistor 131 is made conductive, discharging the 
capacitor 134 and decreasing the voltage at the 
junction between the capacitor 134 and the resistor 
129. A drop in the voltage at the junction between the 
capacitor 134 and the resistor 129 generally causes a 
decrease in the voltage of the analog signal S6. In 
this way, the amplitude of the output analog signal 
S6 is controlled in accordance with the signals D24 
and D29. Specifically, the duration of the high or T 
level pulse D29 determines the amplitude of the 
output analog signal S6. The combination of the 
devices 140, 141, and 143 varies the duration of the high 
or T level pulse D29 In time-dependent manner so 
as to perform desired fade-in/fade-out control of the 
amplitude of the output analog signal S6. 

The operation device 141 also generates a second 
multi-bit digital signal in accordance with the 
amplitude operation signal D26. The second multi-bit 
signal is applied to the second data selector 149 (see 
Fig. 6). The second multi-bit signal is generally 
similar to the multi-bit signal applied to the first data 
selector 143. 

The combination of the second DfA converter 118 
(see Fig. 6), the second data selector 149 (see Fig. 6), 
and the AND gate 150 (see Fig. 6) is similar to the 
combination of the first D/A converter 105, the first 
data selector 143, and the AND gate 144 except for 
the following point. The second data selector 149 
sequentially selects one bit of the multi-bit signal 
from the operation device I4i in a reverse or opposite 
order with respect to the data selection order in the 
first data selector 143. Accordingly, the output analog 
signal S7 undergoes amlitude fade-in/fade-out con- 
trol opposite that of the other output analog signal 
S6. 

It should be noted that the key converter 5 of 
Figs. 6 and 7 is one example, although It is not prior 
art. The key converter 5 may also be of any known 
types. 

Fig. 8 shows a second embodiment of this 
invention which is similar to the embodiment of 



Figs. 4-7 except for the design changes indicated 
below. 

The adder 8 (see Fig. 4) is omitted from this 
embodiment. The branching device 2D is directly 
5 coupled to the amplifier 2 so that the sound signal SI 
from the reproducing device I is applied to the input 
terminal of the amplifier 2. Accordingly, the sound 
signal SI is converted Into a corresponding sound by 
the loudspeaker 3. 
10 The output terminal of the key converter 5 is 
connected to an input terminal of an amplifier 6 so 
that the very-low-pitched sound signal S3 is applied 
to the amplifier 6. An output terminal of the 
amplifier 6 Is connected to a loudspeaker 7, such as 
15 a woofer. After the very-low-pitched sound signal S3 
is amplified by the device 6, it is converted by the 
loudspeaker 7 into a corresponding sound. 

Fig. 9 shows a third embodiment of this invention. 
As shown in Fig. 9, in this embodiment, a reproduc- 
20 ing device la outputs a first channel signal SL and a 
second channel signal SR. A first channel output 
terminal of the reproducing device la is connected to 
an input terminal of a first branching device IL so that 
the first channel signal SL is applied to the first 
25 branching device IL. A second channel output 
terminal of the reproducing device la is connected to 
an input terminal of a second branching device IR so 
that the second channel signal SR is applied to the 
second branching device IR. 
30 A first output terminal of the first branching device 
IL is connected to an input terminal of an amplifier 
2L. A second output terminal of the first branching 
device IL is connected to a first input terminal of an 
operation or calculation circuit 10. The first channel 
35 signal SLfrom the reproducing device la Is applied to 
the amplifier 2L and the operation circuit 10 via the 
first branching device IL 

An output terminal of the amplifier 2L is connected 
to a loudspeaker 3L. After the branched first channel 
40 signal SL is amplified by the device 2L, it is converted 
by the loudspeaker 3L into a corresponding sound. 

A first output terminal of the second branching 
device IR is connected to an input terminal of an 
amplifier 2R. A second output terminal of the second 
45 branching device IR is connected to a second input 
terminal of the operation circuit 10. The second 
channel signal SR from the reproducing device la is 
applied to the amplifier 2R and the operation circuit 
10 via the second branching device IR. 
50 An output terminal of the amplifier 2R is con- 
nected to a loudspeaker 3R. After the branched 
second channel signal SR is amplified by the device 
2R, it is converted by the loudspeaker 3R into a 
corresponding sound. 
55 The operation circuit 10 includes a subtractor or 
difference calculator which outputs a signal S8 
corresponding to a difference between the first 
channel signal SL and the second channel signal SR. 
The operation circuit 10 may include additional 
60 devices which adjust phases and levels of the two 
signals SL and SR so as to minimize the level of the 
output signal S8. 

An output terminal of the operation circuit 10 is 
connected to an input terminal of a low-pass filter 
65 (LPF) 4 so that the signal S8 is applied to the 
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low-pass filter 4. The low-pass filter 4 selects 
low-frequency components from the signal S8 and 
thereby derives a low-pitched signal S9 from the 
signal S8. A cut-off frequency of the low-pass filter 4 
is preferably around 150 Hz. 

An output terminal of the low-pass filter 4 is 
connected to an input terminal of a key or pitch 
converter 5 so that the output signal S9 from the 
low-pass filter 4 Is applied to the key converter 5. The 
key converter 5 serves as a frequency lowering 
converter. Preferably, this device 5 converts the 
low-pitched signal S9 into a second low-pitched 
signal SIO having frequenies half the respective 
frequencies of the corresponding signal S9. in other 
words, the low-frequency components of the signal 

58 selected by the low-pass filter 4-are lowered in 
frequency by a value corresponding to an octave. In 
this way, a very-low-pitched signal SIO is derived 
from the low-pitched signal S9. 

It should be noted that the key converter 5 may 
decrease the frequencies of the low-pitched signal 

59 by other factors. For example, the frequencies of 
the very-low-pitched signal SIO may be one-third or 
one-fourth of the respective frequencies of the 
low-pitched signal S9. 

The key converter 5 is preferably similar to that of 
Figs. 6 and 7. The key converter 5 may also be of 
known types. 

An output terminal of the key converter 5 is 
connected to an input terminal of an amplifier 6 so 
that the very-low-pitched signal SIO is applied to the 
amplifier 6. An output terminal of the amplifier 6 is 
connected to a loudspeaker 3W such as a woofer or 
a super woofer. After the very-low-pitched signal SIO 
is amplified by the device 6, it is converted by the 
loudspeaker 3W into a corresponding sound. 

It was experimentally found that if a sound signal 
having vocal or voice components was subjected to 
key down process, the resulting signal and the 
corresponding reproduced sound tended to be 
distorted. In general, the two channel signals SL and 
SR contain vocal or voice components at essentially 
the same level and the same phase. In view of these 
facts, subtraction between the two channel signals 
SL and SR is performed by the operation circuit 10 to 
derive a signal S8 essentially free from vocal or voice 
components. After this signal S8 is treated by the 
low-pass filter 4, it is subjected to key down process 
in the pitch converter 5. In this way, a signal 
essentially free from vocal components is subjected 
to key down process, so that the resulting signal and 
the corresponding reproduced sound less tend to 
be distorted. 

Fig. 10 shows a fourth embodiment of this 
invention which is similar to the embodiment of Fig. 9 
except for the following design changes. 

As shown in Fig. 10, the output terminal of the 
low-pass filter 4 is connected to an input terminal of 
a branching device I2D. A first output terminal of the 
branching device I2D is connected to a first input 
terminal of an adder 9. A second output terminal of 
the branching device I2D is connected to the input 
terminal of the key converter 5. The output signal S9 
from the low-pass filter 4 is applied to the first input 
terminal of the adder 9 and the key converter 5 via 
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the branching device I2D. The output terminal of the 
key converter 5 is connected to a second input 
terminal of the adder 9 so that the output signal SIO 
from the key converter 5 is applied to the second 

5 input terminal of the adder 9. 

In this way, one branched signal S9 bypasses the 
key converter 5, while the other branched signal S9 
is subjected to key down process in the pitch 
converter 5. The key converter 5 derives the 

10 very-low-pitched signal SIO from the inputted bran- 
ched signal S9. The very-low-pitched signal SIO and 
the branched signal S9 are added by the device 9 to 
form a signal Sll. 
An output terminal of the 1 adder 9 is connected to 

15 the input terminal of the amplifier 6 so that the output 
signal Sll from the adder 9 is applied to the amplifier 
6. After the signal Sll is amplified by the device 6, it is 
converted by the loudspeaker 3W into a correspon- 
ing sound. 

20 Fig. II shows a fifth embodiment of this invention 
which is similar to the embodiment of Fig. 9 except 
for the following design changes. 

As shown in Fig. II, a branching device I2L is 
interposed between the branching device IL and the 

25 first input terminal of the operation circuit 10. 
Specifically, an input terminal of the branching 
device I2L is connected to the branching device IL so 
that the first channel signal SL is applied to the input 
terminal of the branching device 12L. A first output 

30 terminal of the branching device I2L is connected to 
the first input terminal of the operation circuit 10. A 
second output terminal of the branching device I2L 
is connected to a first input terminal of an adder 9F. 
The first channel signal SL is applied via the 

35 branching device I2L to the operation circuit I0 and 
the adder 9F. 

Another branching device I2R is interposed 
between the branching device IR and the second 
input terminal of the operation circuit 10. Specifically, 

40 an input terminal of the branching device I2R is 
connected to the branching device IR so that the 
second channel signal SR is applied to the input 
terminal of the branching device I2R. A first output 
terminal of the branching device I2R is connected to 

45 the second input terminal of the operation circuit 10. 
A second output terminal of the branching device 
I2R is connected to a second input terminal of the 
adder 9F. The second channel signal SR is applied 
via the branching device I2R to the operation circuit 

50 I0 and the adder 9F. 

The first channel signal SL and the second 
channel signal SR are added by the device 9F to 
form a signal SI2. An output terminal of the adder 9F 
is connected to an input terminal of a low-pass filter 

55 (LP?) 13 so that the signal SI2 is applied to the 
low-pass filter 13. The low-pass filter 13 selects 
low-frequency components from the signal SI2 and 
thereby derives a low-pitched signal SI3 from the 
signal SI2. 

60 An. output terminal of the low-pass filter 13 is 
connected to a first input terminal of an adder 9B so 
that the low-pitched signal Sl3 from the low-pass 
filter 13 is applied to the first input terminal of the 
adder 9B. The adder 9B is interposed between the 

65 key converter 5 and the amplifier 6. The output 
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terminal of the key converter 5 is connected to a 
second input terminal of the adder 9B so that the 
very-tow-pitched signal SIO is applied to the second 
input terminal of the adder 9B. The low-pitched 
signaf SI3 and the very-iow-pitched signal SIO are 
added by the device 9B to form a signal S!l. 

An output terminal of the adder 9B is connected to 
the input terminal of the amplifier 6 so that the signal 
SII is applied to the amplifier 6. After the signal Sll is 
amplified by the device 6, it is coverted by the 
loudspeaker 3W into a corresponding sound. 

Fig. 12 shows a sixth embodiment of this invention 
which is similar to the embodiment of Fig. II except 
for the following design changes. In the embodiment 
of Fig. I2 ( a branching arrangement 3D represents 
the combination of the branching devices IL, !R t l2L t 
and I2R (see Fig. II). 

The adder 9B (see Fig. II) is omitted from the 
embodiment of Fig. 12. A switching circuit II and a 
level determination circuit 14 are added to the 
embodiment of Fig. 12. 

As shown in Fig. 12, the switching circuit li is 
connected between the output terminal of the key 
converter S and the input terminal of the amplifier 6. 
When the switching circuit I! is closed, the very-low- 
pitched signal SIO from the key converter 5 is allowed 
to travel to the input terminal of the amplifier 6. When 
the switching circuit II is opened, the application of 
the very-low-pitched signal SIO to the amplifier 6 is 
interrupted. The switching circuit II has a control 
terminal. The switching circuit El is closed and 
opened in accordance with a potential at its control 
terminal. 

The output terminal of the low-pass filter 13 is 
connected to an input terminal of the level determi- 
nation circuit 14 so that the output signal S13 from the 
low-pass filter 13 is applied to the level determination 
circuit 14. The level determination circuit 14 generates 
a binary signal SI4 which depends on the amplitude 
of the input signal SI3. Specifically, the signal S14 
moves between a first level state and a second level 
state in accordance with whether or not the 
amplitude of the signal SI3 exceeds a reference 
level. An output terminal of the level determination 
circuit (4 is connected to the control terminal of the 
switching circuit II so that the signal SI4 from the 
level determination circuit 14 Is applied to the control 
terminal of the switching circuit II. 

When the amplitude of the signal SI3 exceeds the 
reference level, the signal S!4 assumes a first level 
state, opening the switching circuit il and thereby 
interrupting the application of the very-low-pitched 
signal SIO to the amplifier 6. Accordingly, in this case, 
the very-low-pitched signal SIO is not converted into 
a sound. 

When the amplitude of the signal SI3 is equal to or 
lower than the reference level, the signal SI4 
assumes a second level, closing the switching 
circuit II and thereby applying the very-low-pitched 
signal SIO to the amplifier 6. Accordingly, in this case, 
the very-low-pitched signal SIO is converted into a 
corresponding sound by the loudspeaker 3W. 

A cut-off frequency of the low-pass filter 13 is 
lower than the cut-off frequency of the low-pass filter 
4. The cut-off frequency of the filter 13 is generally 



higher than half the cut-off frequency of the filter 4. In 
the case where the filters 4 and 13 have sharp 
frequency characteristics, the cut-off frequency of 
the filter 13 is preferably half the cut-off frequency of 
5 the filter 4. 

The combination of the adder 9F, the low-pass 
filter I3 f and the level determination circuit 14 
essentially serves to determine whether or not at 
least one of the two channel signals SL and SR 

10 originally contains appreciable amounts of very-low- 
pitched sound components. When at least one of the 
two channel signals SL and SR originally contains 
appreciable amounts of very-low-pitched sound 
components, the switching circuit II is opened by the 

15 signal SI4 from the level determination circuit f4 so 
that the very-low-pitched signal SIO derived through 
key down process is prevented from changing to a 
sound. 

If at least one of the two channel signals SL and 

20 SR originally contained appreciable amounts of 
very-low-pitched sound components and the pitch- 
converted signal SIO containing created very-low- 
pitched sound components was changed to a 
sound, the original very-low-pitched sound compo- 

25 nents and the created very-low-pitched sound 
components wouid interfere with each other and 
thereby unacceptable distortions would occur. In 
this embodiment, such unacceptable distortions are 
prevented, since the conversion of the very-low- 

30 pitched signal SIO to a corresponding sound is 
interrupted when at least one of the two channel 
signals SL and SR originally contains appreciable 
amounts of very-iow-pitched sound components. 
Fig. I3 shows an internal design of the level 

35 determination circuit 14. As shown In Fig. I3, the level 
determination circuit I4 Includes an Input terminal I4A 
subjected to the signal SI3from the low-pass filter 13. 
TTie Input terminal 14A is connected to . an input 
terminal of an envelope detector or integrator 15 so 

40 that the signal SI3 is applied to the device 15. The 
integrator 15 generates a signal SIS which depends 
on the amplitude of the input signal SI3. Specifically, 
the signal S15 reflects an envelope of the signal SI3. 
Accordingly, the level of the signal SIS corresponds 

45 to the amplitude of the signal SI3. An output terminal 
of the integrator 15 is connected to a first input 
terminal of a comparator 16 so that the envelope 
signal SIS is applied to the first input terminal of the 
comparator 16. A level setting circuit 17 outputs a 

50 reference level signal SI6. An output terminal of the 
level setting circuit 17 Is connected to a second input 
terminal of the comparator 16 so that the reference 
level signal S16 is . applied to the second input 
terminal of the comparator 16. The comparator 16 

55 generates a binary signal SI4 in accordance with the 
input signals S15 and SI6. Specifically, when the level 
of the envelope signal SIS exceeds a reference level 
represented by the signal S16, the signal S14 
assumes a first level state. When the level of the 

60 envelope signal S!5 is equal to or lower than the 
reference level, the signal SI4 assumes a second 
level state. An output terminal of the comparator 16 is 
connected to a connection point I4B leading to the 
control terminal of the switching circuit II {see Fig. 

65 12). Accordingly, the output signal SI4 from the 
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comparator 16 Is transmitted to the switching circuit 

11 via the connection point I4B. 

Fig. I4 shows a. seventh embodiment of this 
invention which is similar to the embodiment of Figs. 

12 and 13 except for the following design changes. 
As shown in Fig. t4, the output terminal of the * 

low-pass filter 4 is connected to an input terminal of 
a branching device I2D. A first output terminal of the 
branching device I2D is connected to the input 
terminal of the key converter 5. A second output 
terminal of the branching device I2D is connected to 
a first Input terminal of an adder 18. The output signal 
S9 from the low-pass filter 4 Is applied via -the 
branching device I2D to the key converter 5 and the 
first input terminal of the adder 18. 

The output terminal of the key converter 5 is 
connected toa second input terminal of the adder 18 
so that the very-low-pitched signal SIO from the key 
converter 5 is applied to the second input terminal of 
the adder 18. The low-pitched signal S9 from the 
low-pass filter 4 and the very-low-pitched signal SIO 
from the key converter 5 are added by the device 18 
to form a signal $17. An output terminal of the adder 
18 is connected to the input terminal of the switching 
circuit II so that the signal SI7 is applied to the 
switching circuit II. The switching circuit II enables 
and interrupts the application of the signal Sl7 to the 
amplifier 6 in accordance with the signal SI4. 

Fig. J5 shows an eighth embodiment of this 
invention which is similar to the embodiments of 
Figs. 12 and 13 except for the following desing 
changes. 

As shown in Fig. 15, the output terminal of the 
adder 9F is connected to an input terminal of a 
branching device I2F. A first output terminal of the 
branching device I2F is connected to the input 
terminal of the low-pass filter 13. A second output 
terminal of the branching device I2F is connected to 
an input terminal of a low-pass filter (LPF) 19. The 
output signal SI2from the adder 9F is applied via the 
branching device I2F to the low-pass filters 13 and 19, 
The low-pass filter 19 selects low-frequency compo- 
nents from the signal SI2 and thereby a low-pitched 
signal SI9 from the signal $12. 

The output terminal of the switching circuit II is 
connected to a first input terminal of an adder 20 so 
that an output signal SI8 from the switching circuit II 
is applied to the first input terminal of the adder 20. 
An output terminal of the low-pass filter 19 is 
connected to a second input terminal of the adder 20 
so that an output signal from the low-pass filter 19 is 
applied to the second input terminal of the adder 20. 
The signals SI8 and S19 are added by the device 20 to 
form a signal S20. An output terminal of the adder 20 
is connected to the input terminal of the amplifier 6 
so that the signal S20 from the adder 20 is applied to 
the amplifier 6. 

Fig. 16 shows an audio system including a 
low-pitched sound creator according to a ninth 
embodiment of this invention. As;shown in Fig. 16, 
the audio system has a reproducing device I such as 
a tape deck. The reproducing device I has a control 
terminal subjected to a binary control signal D. The 
reproducing device I assumes either of a normal 
speed state and a double speed state in accordance 



with the control signal D. The reproducing speed in 
the double speed state is twice the reproducing 
speed in the normal speed state. 
The output terminal of the reproducing device I is 
5 connected to an input terminal of a branching device 
30D so that the output signal SI from the reproduc- 
ing device I is applied to the branching device 30D. A 
first output terminal of the branching device 30D is 
connected to an input terminal of a low-pass filter 

10 (LPF) 22. A second output terminal of the branching 
device 30D is connected to an input terminal of a 
low-pass filter (LPF) 23. A third output terminal of the 
branching device 30D is connected to a first input 
terminal 29A of a switching circuit 29. The output 

15 sound signal SI from the reproducing device I is 
applied via the branching device 30D to the low-pass 
filters 22 and 23, and the first input terminal 29A of 
the switching circuit 29. 

The low-pass filter 22 selects low-frequency or 

20 low-pitched sound components from the sound 
signal SI and thereby derives a low-pitched sound 
signal S2I from the signal SI. An output terminal of 
the low-pass filter 22 is connected to a first input 
terminal 24A of a switching circuit 24 so that the 

25 low-pitched sound signal S2I is applied to the first 
input terminal 24A of the switching circuit 24. 

The low-pass filter 23 has a cut-off frequency 
higher than a cut-off frequency of the low-pass filter 
22. The low-pass filter 23 selects audible-frequency 

30 or audio components from the sound signal SI and 
thereby derives an audio signal S22 from the signal 
SL An output terminal of the low-pass filter 23 is 
connected to a second input terminal 24B of the 
switching circuit 24 so that the audio signal S22 is 

35 applied to the second input terminal 24B of the 
swithcing circuit 24. 

An output terminal 24C of the switching circuit 24 
is connected to an input terminal of a key or pitch 
converter 5 so that an output signal S23 from the 

40 switching circuit 24 is applied to the key converter 5. 
The switching circuit 24 has a control terminal 
subjected to the binary control signal D. The 
switching circuit 24 passes either of the low-pitched 
signal S2I and the audio signal S22 to the key 

45 converter 5 in accordance with the control signal D. 
The key converter 5 serves as a frequency 
lowering converter. In other words, the key conver- 
ter 5 lowers the frequencies or pitches of the signal 
S23 outputted by the switching circuit 24 and 

50 selected from either of the low-pitched sound signal 
S2I and the audio signal S22. Specifically, this 
device 5 converts the signal S23 into a signal S24 
having frequenies half the respective frequencies of 
the corresponding sound signal S23. In other words, 

55 the signal S23 is lowered in frequency by a value 
corresponding to an octave. In this way, a frequency- 
halved sound signal S24 is derived from the signal 
S23 outputted by the switching circuit 24. 
The key converter 5 is preferably similar to that of 

60 Figs. 6 and 7. The key converter 5 may also be of 
known types. 

The switching circuit 29 has a control terminal 
subjected to the binary control signal D. The 
switching circuit 29 selectively passes and cuts off 

65 the sound signal SI in accordance with the control 



9 



0 240 286 



18 



signal D. 

An output terminal 29C of the switching circuit 29 
is connected to a first Input terminal of an adder 26 
so that an output signal S25 from the switching 
circuit 29 is applied to the first input terminal of the 
adder 26. An output terminai of the key converters is 
connected to a second input terminai of the adder 26 
so that the frequency-halved signal S24 is applied to 
the second input terminal of the adder 26. The signal 

525 from the switching circuit 29 and the signal S24 
from the key converter 5 are added by the device 26 
to form a signal S26. 

An output terminal of the adder 26 is connected to 
an input terminal of an amplifier 2 so that the signal 

526 from the adder 26 is applied to the amplifier 2. 
An output terminal of the amplifier 2 is connected to 
a loudspeaker 3. After the signal S26 is amplified by 
the device 2 f it is converted by the loudspeaker 3 
into a corresponding sound. 

When the binary control signal D is at a first level, 
the reproducing device I is in its normal speed state 
and the switching circuit 24 selects the low-pitched 
sound signal S2I and passes it to the key converter 
5. Accordingly, a very-fow-pitched sound signal S24 
is created from the low-pitched sound signal S2I by 
the key converters. The very-low-pitched signal S24 
is applied to the adder 26. At the same time, the 
switching circuit 29 passes the sound signal SI to the 
adder 26. The very-low-pitched signal S24 and the 
sound signal SI are added by the device 26 to form 
the resulting signal S26, which is amplified by the 
device 2 and is converted by the loudspeaker 3 into a 
corresponding sound, in this way, when the binary- 
control signal D Is at the first level, the reproducing 
device I operates at a normal speed and created 
very-low-pitched components are added to the 
reproduced sound. 

When the binary control signal D is at a second 
level, the reproducing device I is in its double speed 
state and the switching circuit 24 selects the audio 
signal S22 and passes it to the key converter 5. 
Accordingly, a frequency-halved sound signal S24 is 
created from the audio signal S22 by the key 
converter 5. The frequency-halved signal S24 is 
applied to the adder 26. :At the same time, the 
switching circuit 29 cuts off the transmission of the 
sound signal SI to the adder 26. Accordingly, the 
output signal S26 contains only the frequency- 
halved signal S24, which is amplified by the device 2 
and is converted by the loudspeaker 3 into a 
corresponding sound. In this way, when the binary 
control signal D is at the second level, the 
reproducing device I operates at a speed twice the 
normal speed and the audio signal S22 equal to an 
audible portion of the reproducing device output 
signal SI is halved in frequency and is then converted 
into a corresponding sound so that the resulting 
reproduced sound has the same frequencies as 
those of an original sound. 

Fig. 17 shows a tenth embodiment of this invention 
which is similar to the embodiment of Fig. [6 except 
for the following design changes. 

As shown in Fig. 17, the adder 26 (see Fig. 16) is 
omitted from this embodiment. The output terminal 
29C of the switching circuit 29 is connected to the 



input terminal of the amplifier 2. The output terminal 
of the key converter 5 is connected to a second 
input terminal 29B of the switching circuit 29 so that 
the output signal S24 from the key converter 5 is 
5 applied to the second input terminal 29B of the 
switching circuit 29. The switching circuit 29 passes 
either of the signals SI and S24 to the amplifier 2 in 
accordance with the control signal D. 
The output terminal of the key converter 5 is also 

10 connected to an input terminai of an amplifier 2W so 
that the output signal S24from the key converter 5 is 
applied to the amplifier 2W. An output terminal of the 
amplifier 2W is connected to a loudspeaker 3W such 
as a woofer. The output signal S24 from the key 

15 converter 5 Is amplified by the device 2W and is then 
converted by the loudspeaker 3W into a correspond- 
ing sound. 

When the control signal D is at the first level, the 
switching circuit 29 passes the sound signal SI to the 

20 amplifier 2 so that the sound signal SI is converted 
by the loudspeaker 3 into a corresponding sound. At 
the same time, the key converter output signal S24 
derived from the tow-pitched sound signal S2i is 
converted by the loudspeaker 3W into a correspond- 

25 ing sound. 

When the control signal D is at the second level, 
the switching circuit 29 passes the key converter 
output signal S24 to the amplifier 2 so that the signal 
S24 is converted by the loudspeaker 3 into a 

30 corresponding sound. At the same time, the key 
converter output signal S24 is also converted by the 
loudspeaker 3W into a corresponding sound. 
Fig. 18 shows an eleventh embodiment of this 
, invention which is similar to the embodiment of Fig. 9 

35 except for the following design changes. 

In the embodiment of Fig. 18, the branching 
devices IL and lR (see Fig. 9) are included in a 
branching arrangement 4D. The first channel signal 
SL outputted by the reproducing device I is applied 

40 to the amplifier 2L via the branching arrangement 4D. 
The second channel signal SR outputted by the 
reproducing device f is applied to the amplifier 2R via 
the branching arrangement 4D. 
The first channel signal SL is also applied via the 

45 branching arrangement 4D to a first input terminal of 
an adder I0A, a first input terminal of a subtractor 
I0B. and a first input terminal of a detector IOC. The 
second channel signal SR is also applied via the 
branching arrangement 4D to a second input 

50 terminal of the adder I0A, a second input terminal of 
the subtractor I0B, and a second input terminal of 
the detector IOC. 

The device I0A adds the two channel signals SL 
and SR to form a signal S3L The device IOB derives a 

55 difference or subtraction between the two channel 
signals SL and SR to form a signal S32. The device 
IOC detects whether or not the signals SL and SR 
contain vocal or voice components. The detector iOC 
outputs a binary signal S33 which moves between 

60 two level states in accordance with whether or not 
the signals , SL and SR contain vocal or voice 
components. 

An output terminal of the adder I0A is connected 
to a first input terminal of a switching circuit iOD so 

65 that the output signal S3I from the adder I0A is 
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applied to the first input terminal of the switching 
circuit I0D. An output terminal of the subtractor I0B 
Is connected to a second input terminal of the 
switching circuit I0D so that the output signal S32 
from the subtractor I0B is applied to the second 5 
input terminal of the switching circuit I0D. An output 
terminal of the detector IOC is connected to a control 
terminal of the switching circuit 100 so that the 
output signal S33 from the detector IOC is applied to 
the control terminal of the switching circuit I0D. The 10 
switching circuit I0D selectively passes either of the 
signals S3I and S32 in accordance with the signal 
S33. An output terminal of the switching circuit I0D is 
connected to the input terminal of the low-pass 
filter 4 so that an output signal S34 from the 15 
switching circuit I0D is applied to the low-pass filter 
4. 

When the signals SL and SR do not contain any 
vocal or voice components, the binary signal S33 
outputted by the detector IOC assumes a low level 20 
state so that the switching circuit I0D passes the 
adder output signal S3I to the low-pass filter 4. 
Accordingly, in this case, low-frequency compo- 
nents of the adder output signal S3I are selected by 
the low-pass filter 4 and are then lowered in pitch by 25 
the key converter 5 before they are converted by the 
loudspeaker 3W into a corresponding sound. 

When the signals SL and SR contain vocal or voice 
components, the binary signal S33 outputted by the 
detector IOC assumes a high level state so that the 30 
switching circuit I0D passes the subtractor output 
signal S32 to the low-pass filter 4. Accordingly, in 
this case, low-frequency components of the sub- 
tractor output signal S32 are selected by the 
low-pass filter 4 and are then lowered in pitch by the 35 
key converter 5 before they are converted by the 
loudspeaker 3W into a corresponding sound. In 
general, vocal or voice components are contained in 
the signals SL and SR at essentially the same levels 
and phases. Accordingly, these vocal or voice 40 
components are cancelled by the subtractor I0B so 
that the subtractor output signal S32 is essentially 
free from the vocal or voice components. In this way, 
when the signals SL and SR contain vocal or voice 
components, the corresponding vocal or voice 45 
components are removed from the signal subjected 
to key down process in the key converter 5. It should 
be noted that vocal or voice components would tend 
to cause distorsions in the reproduced sound if they 
were subjected to the key down process. 50 

The loudspeaker 3W and the amplifier 5 may be 
omitted from the embodiment of Fig. 18. In this case, 
the output signal from the key converter 5 is added 
to each of the signals SL and SR, and the resulting 
two signals are amplified by the devices 2L and 2R 55 
and are then converted by the loudspeakers 3L and 
3R into corresponding sounds respectively. 

Fig. 19 shows an internal structure of the detector 
IOC. As shown in Fig. 19, the detector IOC includes an 
adder 31. The first channel signal SL is applied to a 60 
first input terminal of the adder 3I. The second 
channel signal SR is applied to a second input 
terminal of the adder 31. The two channel signals SL 
and SR are added by the device 31 to form a signal 
S35. An output terminal of the adder 31 is connected 65 




to an input terminal of a band-pass filter (BPF) 32 so 
that the output signal S35 from the adder 31 is 
applied to the band-pass filter 32. The band-pass 
filter 32 selects fundamental vocal frequency com- 
ponents from the signal S35 and thereby derives the 
vocal frequency signal S36 from the signai S35. 
Specifically, the band-pass filter 32 selects compo- 
nents having frequencies in the range of approxi- 
mately 90-800 Hz. An output terminal of the 
band-pass filter 32 is connected to an input terminal 
of an integrator 33 so that the vocal frequency signal 
S36 Is applied to the Integrator 33. This device 33 
integrates the vocal frequency signal S36 at a large 
time constant and thereby derives an integrated 
signal S37 from the vocal frequency signal S36. 
When the signals SL and SR contain vocal compo- 
nents, the voltage of the output signaJ S37 from the 
integrator 33 exceeds a certain level. When the 
signals SL and SR do not contain any vocal 
components, the voltage of the output signal S37 
from the integrator 33 is essentially zero. An output 
terminal of the integrator 33 is connected to a first 
input terminal of a comparator 35 so that the output 
signal S37 from the integrator 33 is applied to the 
first input terminal of the comparator 35. A voltage 
setting circuit 34 generates a reference signal S38 
having a preset constant voltage. An output terminal 
of the voltage setting circuit 34 is connected to a 
second input terminal of the comparator 35 so that 
the reference voltage signal S38 is applied to the 
second input terminal of the comparator 35. When 
the level of the output signal S37 from the integrator 
33 exceeds the reference level S38, the comparator 
35 outputs a high level signal S33. When the level of 
the output signal S37 from the integrator 33 does not 
exceed the reference level S38, the comparator 35 
outputs a low level signal S33. An output terminal of 
the comparator 35 is connected to the control 
terminal of the switching circuit I0D (see Fig. 18) so 
that the output signal S33 from the comparator 35 is 
applied to the control terminal of the switching 
circuit I0D. In this way, when the signals SL and SR 
contain vocal components, the output signal S33 
from the detector IOC assumes a high level state. 
When the signals SL and SR do not contain any vocal 
components, the output signal S33 from the detec- 
tor IOC assumes a low level state. 



Claims 

1. A low-pitched sound creator comprising : 

(a) means for outputting an analog 
sound signal; 

(b) a low-pass filter selecting low-fre- 
quency components from the analog 
sound signal and outputting a low-pitched 
sound signal representing the selected 
low-frequency components; and 

(c) means for lowering a key of the 
low-pitched sound signal and thereby 
deriving a very-low-pitched sound signal 
from the low-pitched sound signal. 

2. The sound creator of claim I further 
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comprising means for adding the very-low- 
pitched sound signai and the analog sound 
signal to form a processed sound signal, and 
means for converting the processed sound 
signal into a corresponding sound. 5 

3. The sound creator of claim I further 
comprising means for converting the analog 
sound signai into a corresponding sound, and 
means for converting the very-low-pitched 
sound signal into a corresponding sound. 10 

4. The sound creator of claim I wherein the 
analog sound signal comprises two channel 
signals. 

5. The sound creator of claim 4 further 
comprising means for deriving a subtraction 15 
between the two channel signals. 

6. The sound creator of claim I further 
comprising means for adding the low-pitched 
sound signal and the very-low-pitched sound 
signaJ to form a processed low-pitched sound 20 
signal. 

7. The sound creator of claim 4 further 
comprising means for adding the two channel 
signals to form a mixed signal, a second 
low-pass filter selecting low-frequency compo- 25 
nents from the mixed signal and thereby 
deriving a second low-pitched sound signal 
representing the selected low-frequency com- 
ponents, and means for adding the second 
low-pitched sound signaJ and the very-low- 30 
pitched sound signal to form a processed 
low-pitched sound signal. 

8. The sound creator of claim 4 further 
comprising means for deriving a subtraction 
between the two channel signals and genera- 35 
ting a subtraction signal indicative thereof, 
means for adding the two channel signals to 
form a mixed signai, first and second sub 
low-pass filters included in the low-pass filter, 

the first sub low-pass filter selecting low-fre- 40 
quency components from the subtraction signal 
and thereby deriving' a first sub low-pitched 
sound signal representing the selected low-fre- 
quency components of the subtraction signal, 
the second sub low-pass filter selecting low- 45 
frequency components from the mixed signal 
and thereby deriving a second sub low-pitched 
sound signal representing the selected low-fre- 
quency components of the mixed signal, the 
key-lowering means being operative to lower a 50 
key of the first sub low-pitched sound signal to 
form the very-low-pitched sound signal, means 
for converting the very-low-pitched sound sig- 
naJ into a corresponding sound, means for 
detecting an envelope of the second sub 55 
low-pitched sound signal, and means for selec- 
tively enabling and interrupting the conversion 
of the very-low-pitched sound signal into the 
corresponding sound in accordance with 
whether or not a level of the envelope exceeds a 60 
reference level. 

9. The sound creator of claim 8 further 
comprising means for adding the first sub 
low-pitched sound signal and the very-low- 
pitched sound signal to form a processed 65 



low-pitched sound signal. 

10. The sound creator of claim 8 wherein the 
enabling/interrupting means includes a switch- 
ing circuit selectively allowing and inhibiting 
transmission of the very-low-pitched sound 
signal to the converting means, and further 
comprising a third low-pass filter selecting 
low-frequency components from the mixed 
signal and thereby deriving a third low-pitched 
sound signal representing the selected low-fre- 
quency components of the mixed signal, and 
means for adding the third low-pitched sound 
signal to a signal outputted from the switching 
circuit to the converting means. 

11. The sound creator of claim 4 further 
comprising means for deriving a subtraction 
between the two channel signals and genera- 
ting a subtraction signai indicative thereof, 
means for adding the two channel signals to 
form a mixed signal, means for detecting 
whether or not the two channel signals contain 
voice components, and means for selectively 
passing either of the subtraction signai and the 
mixed signal to the low-pass filter in accord- 
ance with whether or not the two channel 
signals contain voice components. 

12. The sound creator of claim II wherein the 
detecting means comprises means for adding 
the two channel signals to form a second mixed 
signaf, a band-pass fitter selecting components 
in a preset frequency band from the second 
mixed signal and generating a band-pass signai 
representing the selected components, the 
preset frequency band corresponding to a 
fundamental frequency range of voice compo- 
nents, means for integrating the band-pass 
signal and thereby deriving an integral signal 
from the band-pass signai, and means for 
comparing the integral signai and a reference 
level. 

13. The sound creator of claim l wherein the 
low-pass filter comprises first and second sub 
iow-pass filters having different cut-off frequen- 
cies and deriving first and second sub low- 
pitched sound signals from the analog sound 
signal respectively, and further comprising 
means for selectively passes either of the first 
and second sub low-pitched sound signals to 
the key-lowering means. 

14. The sound creator of claim I3 further 
comprising means for adding the analog sound 
signal and the very-low-pitched sound signal to 
form a processed low-pitched sound signal. 

15. The sound creator of claim 14 further 
comprising means for selectively allowing and 
inhibiting the addition of the analog sound 
signal and the very-low-pitched sound signai. 

16. A low-pitched sound creator comprising: 

(a) means for outputting two channel 
sound signals; 

(b) means for deriving a subtraction 
between the two channel signals and 
thereby generating a subtraction signal 
indicative thereof; 

(c) means for adding the two channel 
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signals to form a mixed signal; 

(d) a first low-pass filter selecting low- 
frequency components from the subtrac- 
tion signal and thereby generating a first 
low-pitched sound signal representing the 5 
selected low-frequency components of the 
subtraction signal; 

(e) a second low-pass filter selecting 
low-frequency components from the mixed 
signal and thereby generating a second 10 
low-pitched sound signal representing the 
selected low-frequency components of the 
mixed signal; 

(f) means for lowering a key of the first 
low-pitched sound signal and thereby 15 
deriving a very-low-pitched sound signal 

from the first low-pitched sound signal; 

(g) means for detecting an envelope of 
the second low-pitched sound signal; and 

(h) means for selectively passing and 20 
cutting off the very-low-pitched sound 
signal in accordance with the detected 
envelope. 

17. A low-pitched sound creator comprising: 

(a) means for outputting an analog 25 
sound signal; 

(b) first and second low-pass filters 
having different cut-off frequencies and 
deriving first and second low-pitched 
sound signals from the analog sound 30 
signal respectively; 

(c) means for selecting arbitrary one of 
the first and second low-pitched sound 
signals; and 

(d) means for halving a key of the 35 
selected low-pitched sound signal and 
thereby deriving a key-halved signal from 

the selected low-pitched sound signal. 

18. A low-pitched sound creator comprising : 

(a) means for outputting two channel 40 
sound signals; 

(b) means for deriving a subtraction 
between the two channel signals and 
thereby generating a subtraction signal 
indicative thereof; 45 

(c) means for adding the two channel 
signals to form a mixed signal ; 

(d) means for detecting whether or not 
the two channel signals contain voice 
components; § 0 

(e) means for selecting arbitrary one of 
the subtraction signal and the mixed signal 
in accordance with whether or not the two 
channel signals contain voice components 

and thereby generating a selected signal 55 
representing the selected one of the 
subtraction signal and the mixed signal; 

(f) a low-pass filter selecting low-fre- 
quency components from the selected 
signal and thereby generating a low- 60 
pitched sound signal representing the 
selected low-frequency components; and 

(g) means for halving a key of the 
low-pitched sound signal and thereby 
deriving a very-low-pitched sound signal 65 




from the low-pitched sound signal. 

19. A method of creating a low-pitched sound 
comprising the steps of: 

(a) selecting low-frequency components 
from a sound signal; 

(b) lowering a key of the selected 
low-frequency components; and 

(c) converting the key-lowered compo- 
nents into a corresponding sound. 

20. The method of claim 19 further comprising 
converting the sound signal into a correspond- 
ing sound. 
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